Loudspeaker equalization is an essential technique in audio system design. A well-known equalization scheme is based on the deconvolution of the desired equalized response with the measured impulse response of the loudspeaker. In this paper, a postprocessing scheme is combined with the deconvolution-based algorithm to provide a better equalization effect. Computer simulation results are given to demonstrate the significant improvement that can be achieved using this method.
INTRODUCTION
A loudspeaker is a device that converts a signal from its electric form to audible sound wave. Noticeable distortions may be introduced in this conversion leading to a significant loss of sound quality. The technique of loudspeaker equalization has thus been developed to deal with this problem. Among all the equalization schemes presented in the literature [1, 2, 3, 4, 5, 6, 7, 8, 9, 10, 11, 12, 13] , the deconvolutionbased scheme [1] has the simplest filter structure and is widely used. However, this scheme does not work effectively at low and middle frequencies. Multiband approach overcomes this shortcoming and is able to provide satisfactory equalization for the entire frequency band of interest [2, 3] , but its complex structure prevents it from being used in low-cost systems. In our previous work reported in [4, 5] , a warped filter has been incorporated into the multiband equalizer design to reduce the structural complexity. In this paper, a different design approach is investigated. By suitably combining the deconvolution-based equalizer with a postprocessing technique, a better equalization effect can be obtained with a marginal increase in the structural complexity. This paper is organized as follows. In Section 2, the deconvolution-based equalization scheme is briefly described and the principle of the proposed equalization scheme with post-processing is introduced. In Section 3, the optimization process for the proposed scheme is discussed. Computer simulations have been conducted to demonstrate the effectiveness of the proposed scheme, and the results are given in Section 4. The paper ends with the concluding remarks of Section 5.
PRINCIPLE OF THE PROPOSED SCHEME
Loudspeaker equalization involves the inverse filtering of the signal that is distorted by the loudspeaker. In the simplest case, it can be depicted as a convolution process, that is,
where h(n) and g(n) are the impulse responses of the loudspeaker and the equalizer, respectively, z(n) is the desired equalized response, e(n) is the residue error, and τ is the time delay incurred due to the mixed-phase nature of the loudspeaker [1, 6, 14] . Mourjopoulos introduced the least-mean-square algorithm into loudspeaker equalizer design and developed the deconvolution-based scheme [1] . The equalizer filter obtained from this scheme is optimum in the sense that it is able to minimize the mean square error
where N is the length of g(n) and M is the length of h(n). Taking (∂/∂g(i))E s = 0, (i = 0, 1, . . . , N − 1), the matrix form of the system equation can be derived
where
is the coefficient vector of the equalizer filter,
vector, P is the length of the desired impulse response z(n), # denotes pseudo inverse operation and
and H is an (N + M − 1) × N matrix defined by
As can be seen from Figure 2b , noticeable distortions can still be observed in the equalized frequency response using this deconvolution-based scheme, especially at low and middle frequencies. In this study, a new equalization method incorporating a post-processing technique is proposed to partially solve this problem. The principle of this method is to modify the desired equalized response according to the residue error observed from the previous equalization process.
Supposing z (n) is the modified desired-equalizedresponse and g (n) is the corresponding new equalizer design, g (n) can be derived by replacing z with z in (3). The equalization process can be written accordingly as follows
where e (n) is the new residue error. The modified desiredequalized-response, z (n), is obtained by filtering z(n) with an adjustment function t(n), that is,
In order to obtain maximum suppression of the residue error, the adjustment function, t(n), must be designed very carefully. In this study, it is determined as follows: Let Y (l) be the Fourier transformation of the equalized impulse response, that is,
where Ᏺ denotes Fourier transform. The smoothened function of Y (l) is defined as
where K is a positive integer. The adjustment function can now be obtained as follows,
where Ᏺ −1 denotes the inverse Fourier transform, a is the mean value ofỸ (l), and c is a positive adjustment parameter. It can be observed that the adjustment function has been designed such that the strong components of Y (l) are suppressed while its weak components are enhanced.
OPTIMIZATION OF THE PROPOSED SCHEME
The effect of the proposed equalization method is dominantly determined by the value of the adjustment parameter c in (12) . An iterative process has been developed to search for the optimum value for this adjustment parameter.
The flow chart of the iterative process is shown in Figure 1 , where g 0 (n) is the resultant optimum equalizer, and the qualifier is used to decide when to terminate the iteration.
Different qualifications can be devised according to different requirements. In this paper, the normalized variance of the magnitude distortion is used to maximize the flatness of the equalized response within the passband, that is,
where E(k) is the magnitude distortion function, that is,
, L is the passband width in taps, and E is the mean value of E(k) within the passband. A simple optimization scheme using this qualification is summarized as follows:
Step 1. Set the initial value of c to zero, corresponding to the case where there is no adjustment made to the desired equalized response.
Step 2. Design a deconvolution-based equalizer using (3).
Step 3. Calculate C e using (13) , which is to be minimized in the subsequent process.
Step 4. Increase the value of c by a certain step size, and calculate z (n) using (9), (10), (11), and (12).
Step 5. Calculate g (n) and the corresponding C e .
Step 6. Repeat Steps 4 and 5 until C e is greater than its previous value.
The proposed optimum equalizer has a similar structure to that of the deconvolution-based method, and as such the latter has been used at the initial stage of the iteration to accelerate the iterative process.
COMPUTER SIMULATIONS
Computer simulations have been conducted to test the effectiveness of the proposed scheme. The results of a simulation carried out on a low-cost desktop loudspeaker are shown in Figure 2 , where (a) is the measured frequency response of the loudspeaker, (b) is the equalized frequency response using the deconvolution-based scheme, and (c) is that obtained using the proposed scheme. The desired equalized response, z(n), has been modeled as one having a linear phase and a flat magnitude property within the passband (0 ∼ 20 kHz). The optimization method described in Section 3 has been employed in the equalizer design to minimize C e . In this simulation, the length of all the equalizer filters has been set to 100. It should be noted that the purpose of the proposed scheme is to redistribute the limited resources that can be used to construct the equalizer so as to achieve a better equalization effect. If the filter length is sufficiently large (e.g., 1000 for the loudspeaker used in this simulation), the deconvolutionbased method alone is able to provide a good equalization effect on the entire frequency band, and the improvement contributed by the post-processing scheme may not be obvious.
As can be observed from the figure, the magnitude frequency response of the loudspeaker contains noticeable distortion. The deconvolution-based equalization helps to reduce the distortion greatly, but the resultant equalized response is still poor at low and middle frequencies. Using the proposed scheme, an overall better equalization effect is obtained. In Table 1 , the values of C e (equation (13)) for the two equalized responses are compared to further illustrate the improvement. Qualifications other than C e can be adopted in the optimization process to realize different equalization effects. An example is given in Table 2 , where the normalized variance of the magnitude distortion at low frequencies, C eL , is used to further improve the equalization effect at low frequencies. C eL can be expressed as
where I is the upper boundary of the low frequency band. As is illustrated, the distortion at low frequencies (0 ∼ 4 kHz in this paper) is further suppressed, but the overall equalization effect is deteriorated compared with that using C e as the qualifier in the optimization. It should be noted that in the definition of the adjustment function given in (12) , all frequency components of the equalized response are enhanced or suppressed at the same exponential rate of c. A reasonable conjecture is that, by allowing these frequency components to vary more freely, the resultant equalization effect could be improved further. This conjecture has been substantiated with a simple test, where the entire frequency band is divided into two sub-bands and the steepest decent algorithm is applied to search for the optimum two-element adjustment parameter vector that minimizes C e . For the loudspeaker used in Figure 2 , the magnitude fluctuation of the equalized response within the passband is reduced further by about 0.8 dB, compared with that using a uniform adjustment parameter (from −19.1804 dB to −20.0347 dB).
CONCLUSIONS AND REMARKS
In this paper, a new loudspeaker equalization method is proposed. By using the proposed post-processing technique to refine the result of the classical deconvolution-based design, the magnitude fluctuation of the equalized response within the passband can be further reduced. The effectiveness has been illustrated through computer simulations. Unlike other methods such as the multiband or warped filter equalization, the proposed scheme has a relatively simple implementation design, which makes it very attractive for low-cost loudspeaker design. This method can also be incorporated into the multiband or warped filter solutions to provide better equalization effect.
